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@ Method and apparatus for transmitting data with digitally encoded speech. 

© A technique for transmitting data with digitally encoded 
speech samples involves replacing at feast two of the least 
significant bits of each speech sample so that one of the bits 
is representative of the data to be transmitted and another is 
a control bit. The technique can be implemented using an 
interface circuit which includes a codec 61 for producing 
digitally encoded speech samples. Data signals from a data 
terminal are stored in shift register 72 and inserted bit by bit 
into the bit 7 position of each sample by circuit 68. A control 
bit is inserted into the bit 8 position using circuit 69. Data in 
, incoming speech samples is sensed by circuits 84, 85, 86. 
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DESCRIPTION 

This invention relates to the transmission 
of data in the digital speech paths of a digital 
transmission arrangement. 

Telephone exchanges are known in which a 
digital switching device can interconnect a 
plurality of ports associated with the exchange. 
The switching device operates on digitally 
encoded speech samples with each sample comprising 
a plurality of hits, typically 8. Digital 
switching devices are also used to switch 
digital signals representative of data between 
data terminal devices such as VDU's and teletypes. 
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It has been proposed in, for example, 
European Patent Application No. 0006244 
to transmit data with digitally encoded 
speech samples by replacing one or more of 
the least significant bits of each speech 
sample by a data bit or bits. A problem in 
such an arrangement is that of providing 
an effective means of indicating when valid 
data is present in speech samples. 

The present invention is concerned with a 
method and apparatus which provide a relatively 
simple and effective way of indicating when 
data is present in speech samples. 

According to a first aspect of the present 
invention there is provided a method of 
transmitting data with digitally encoded 
speech samples in a digital transmission 
system in which one or more of the least 
significant bits of a speech sample is replaced 
by a bit or bits representative of data to be 
transmitted characterised in that at least two 
of the least significant bits are replaced, one 
of the replaced bits being a control bit and 
another a data bit. 

According to a second aspect of the present 
invention there is provided a method of transmitting 
data through a telephone exchange which is arranged 
to switch digitally encoded speech samples characterised 
in that at least two of the least significant bits 
of each sample are replaced so that one of the 
replaced bits is a control bit and another a data 
bit. 

The control bits may be arranged to define a 
valid data code of binary 1 followed by 0000000. 
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At a receiving port the speech bits are 
separated from the data bits so that the 
data bits can be transmitted to a data terminal 
and the speech bits decoded prior to transmission 
to a telephone instrument. 

According to a third aspect of the present 
invention there is provided a digital transmission 
arrangement for transmitting digitally encoded 
speech samples between two or more terminals in 
which data is transmitted with the speech 
samples by replacing one or more of the 
least significant bits of each speech sample 
by a bit or bits representative of the data 
characterised in that each terminal has 
associated therewith circuit means for replacing 
at least the two least significant bits of each 
speech sample so that one of the replaced bits 
is a control bit and another bit is a data bit. 

Each terminal may include a circuit which, 
when data is not inserted in the speech samples, 
operates to prevent that bit of each speech 
cample corresponding to the control bit from 
being in a condition indicative of data being 
present. Each said circuit may include a 
counter which is arranged to be incremented 
when the least significant bit of each speech 
sample has a predetermined binary value and means 
for sensing when the count of the counter reaches 
a predetermined value. Each terminal may include 
mear-s for detecting bits representative of data 
in speech samples received by the terminal. 

According to a fourth aspect of the present 
invention there is provided an interface circuit 
for a telephone exchange which is arranged to 
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switch digitally encoded speech samples, said 
interface circuit being characterised in that 
it comprises a first input/output terminal 
for connection to a telephone instrument, coding 
and decoding means connected to said first input/ 
output terminal for coding and decoding speech 
signals, said coding and decoding means having 
an output from which digitally encoded speech 
samples can be transmitted to a digital switching 
device of the telephone exchange and an input 
for receiving digitally encoded speech samples 
from the switching device, a second input/output 
terminal for connection to a data terminal device, 
and bit insertion means coupling the said second 
input/output terminal to the output of the coding 
and decoding means and arranged to replace at 
least the two least significant bits of a speech 
sample so that one bit is a control bit and 
another a data bit. 

The invention will be described now by 
way of example only with particular reference 
to the accompanying drawings. In the drawings: 

Figure 1 is a block schematic diagram of 
a digital switching device as described in 
U.K. Patent Specification No. 2 027 565; 

Figure 2 is a block diagram illustrating 
one form of apparatus in accordance with the 
present invention, and 

Figure 3 is a block schematic diagram 
showing in more detail the apparatus of Figure 2. 
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The present embodiment will be described 
with reference to a digital switching device 
of the type described in U.K. Patent Specifica- 
tion No. 2 027 565. This switching system is 
a private' automatic branch exchange (PABX) of 
the stored program type which uses an eight 
bit microprocessor as a central processing unit. 
Switching between lines, trunks, auxiliary units 
and an operator console is via pulse code 
modulation (PCM) techniques. Speech signals 
are encoded to an A-law representation prior 
to their transmission to the switch. Switching 
between parties is accomplished by sending the 
encoded signals at an appropriate time to a 
receiving party and reconverting the digital 
signals to analogue form. Because all the 
speech signals are digitally encoded before 
being applied to the digital switch the 
PABX can send the speech signals directly 
to a local exchange over a regenerated line 
system without the need for expensive PCM 
multiplexing equipment at the PABX location. 
The device has a capacity of 160 ports which 
typically can comprise 120 telephonic 
extensions, 24 exchange lines and 16 miscellaneous 
auxiliaries such as an MP4 detector, inter-PABX 
or test port circuit and an operator console 
interface . 

Referring to Figure 1 the PABX has a 
plurality of line units one of which is 
indicated at 10. Each line unit is associated 
with, for example, a telephonic termination or 
an exchange line and is arranged to operate 
synchronously to produce eight bit PCM samples 
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every 125 usee. Each line unit includes a codec 
for conversion between digital and analogue 
signals. The line units are connected in groups 
of 32 to shelf multiplex circuits one of which is 
indicated at 11. Each line unit is connected 
to its associated shelf multiplex circuit via 
two lines, one for signals travelling in one 
direction and the other for signals for 
travelling in the opposite direction. Each 
shelf multiplex circuit 11 is connected to a 
signalling input circuit 12, a signalling 
output circuit 14, an input time switch 
15 and an output time switch 16* The input 
and output time switches are connected via a 
cabinet interface circuit 17. 

The PABX also has a tone generator circuit 
19, a conference unit 20 and a spare card 
position 18 each of which is linked by highways 
22 to the signalling circuits 12 and 14 and to 
the time switches 15 and 16. 

The PABX is controlled by a central processor 
unit 25 which has associated memories 26, 27, 28. 
The processor unit 25 and the memories 26, 28 
are linked to the signalling circuit and time 
switch circuits by data and address buses 30, 31 
and address decode circuit 33 and data and 
address buses 35 and 36. 

Briefly in operation during each 125 usee 
interval the line unit 10 sends to its associated 
shelf multiplex 11 over an individual wire a 
group of nine bits, eight of which comprise 
a speech sample and the ninth of which is part 
of an eight bit signalling code. The data 
rate between the line unit 10 and its shelf 
multiplex circuit 11 is 72 kbits per sec of 
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combined speech and signalling. The shelf 
multiplex circuit 11 assembles 32 of the 
72 kbits per sec stream in a fixed order 
onto a digital highway at 2304 kbits per 
sec and then separates the speech and 
signalling data for transmission respectively 
to the input time switch 15 at 2048 kbits 
per sec and to the signalling input circuit 
12 at 256 kbits per sec. The time 
switches operate under the control of the 
central processor unit 25 to direct the 
digital signals to the appropriate ports. 
The operation of the switches is described 
in more detail in U.K. Patent Specification 
No. 2 027 565 and will not be described here. 

In the present arrangement each interface 
circuit 10 is arranged so that simultaneous 
transmission of speech and data signals can 
take place between ports of the exchange. 
The proposal is to replace the two least 
significant bits of each speech sample from an 
encoder with bits representing the data to be 
sent and then to recover that data at a 
receiving port prior to the decoder associated 
with that port. The arrangement is shown 
schematically in Figure 2 where the exchange 
is shown at 50. A data interface circuit 
is shown at 51 and has connections to a telephone 
instrument 52 and a data terminal device 53. 
The telephone instrument 52 is connected to the 
data interface by A and B wires, and the terminal 
device 53 is connected to the interface 51 by 
C and D wires. The C wire is a transmit wire 
whilst the D wire is a receive wire. If data is 
to be transmitted from the device 53 to another 
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port associated with the exchange, the interface 
51 operates to substitute bits representative 
of the data in the two least significant bit 
positions of each speech sample produced by an 
encoder in the interface circuit 51. When data 
is being received from another port the interface 
circuit 51 operates to extract the data bits from 
the speech bits, the data bits being transmitted 
to the device 53 and the speech bits being fed 
to a decoder for transmission as analogue signals 
to the telephone instrument 52. Switching of the 
samples by the digital switching device takes 
place as described in U.K. Patent Specification 
No. 2 027 565. 

It will be appreciated that this operation 
only occurs when there is data available to 
transmit. Otherwise each speech sample uses all 
available eight bits. The result of the 
substitution process is a small increase in the 
quantising noise heard in the speech channel 
when data is being sent but as only the two least 
significant bits of the code word are involved 
the effect is very slight. When no data is being 
sent the degradation of the speech channel is 
negligible. 

Figure 3 is a more detailed diagram of 
the interface circuit 51 which is designed to 
operate with a valid data code of a binary 1 
followed by 0000000. As shown in this Figure 
the A and B wires associated with the telephone 
instrument are connected by a two wire to 
four wire converter 60 to a codec 61. The 
codec has an output 62 which is connected to a 
bit 8 insert circuit 63. The output 62 is 
also connected to a further circuit 64 which 
is arranged to receive the eighth bit of a 
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speech sample transmitted from the codec 61. 
The circuit 64 is connected to a counter 65 
the output from which is connected to a 
further circuit 66 which is arranged to 
5 sense when the count of the counter 65 

reaches a count of six. The circuit 66 is 
connected to the bit 8 insert circuit 63- 
The output from the circuit 63 is connected 
to a bit 7 insert circuit 68 which is in 
10 turn connected to a further bit 8 insert 
circuit 69. The output of the circuit 69 
is connected to the shelf multiplex circuit 
11 shown in Figure 1. The circuits 63, 68 
and 69 can be implemented using NAND gates. 
15 The C wire from the terminal 53 is 

connected to an input of Universal 
Asynchronous receive/transmit device (UART) 70 
which has outputs 71 connected to a shift 
register 72. The output from the shift 
20 register 72 is connected to a second input 

of the circuit b8. A further output from the 
UART 73 is connected to the circuits 68, 69 
by lines 7k, 75- 

The UART also receives signals from the 
25 shelf multiplex 11 via line 78 which is also 
connected directly to the codec 61. The line 
78 is connected by a circuit 79 to a shift 
register 80. The shift register 80 has 
parallel outputs 81 which connect to the UART 70. 
30 The UART 70 has an output which is connected to 
the D wire of Figure 2. The line 78 is also 
connected to the UART via a circuit 8h which 
receives the eighth bit of incoming samples, a 
counter 85 and a circuit 86. 
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In operation characters are transmitted 
serially from the terminal device 53 using 
standard V24 signal levels and are received 
at the interface circuit 51 by a buffer which 
5 converts the signals to TTL levels. The signals 
are fed to the UART 70 which recognises the 
start bit of the code and staticises the data 
as an eight bit word. When a complete word 
has been received in the UART it is transmitted 
10 through the exchange by inserting it one bit 
at a time into the bit 7 position of eight 
successive words from the PCM encoder 61. 
This is carried out using the shift register 
72 and the circuit 68. At the same time a 
15 code is inserted into the bit 8 position of the 
same words by the circuit 69 to indicate that 
the data is being sent. The valid data code is 
chosen to be a binary 1 followed by 0000000. 
This code, which is shown in Table 1, identifies 
20 the start of the data and is simple to implement. 
In Table 1 SA to SH represent signalling bits, 
P1 to P8 speech bits with P8 being the least 
significant bit, DO to D7 data bits inserted 
in place of P7, and CO to C7 the data valid code 
25 inserted in place of P8. In this case C0=1 and 
C1 to C7 = 0. Table 1 shows serial signals 
transmitted through the exchange of Figure 1. 
The first four lines show a normal frame 
containing speech only and the next four lines 
30 show a frame containing data and code bits in 
the P7 and P8 positions. 
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It is important that the valid data code is 

10 never generated by the encoder itself or a receiving 
port will receive the spurious data character. The 
circuit consisting of components 64, 65 and 66 is 
provided to monitor the bit 8 signal leaving the 
codec 61 and operates as follows. A "I" in the bit 

15 8 position causes the counter 65 to be reset and a 
"0" causes it to be incremented. If the count 
reaches 6 as sensed by the circuit 66 a "0" in the 
next bit 8 position would complete the code. This 
bit is therefore forced to a 11 1" avoiding the 

20 code and the counter 65 is reset. 

The effect of substituting the least significant 
bits of each speech sample as described above on the 
speech performance of the system is negligible. 
Calculations indicate that the circuit has a 

25 probability of 0.4% of operating on each speech 
sample and on each occasion that this occurs the 
sample will only be altered by one step on a 
256 point encoding code. 
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The data in each speech sample passes 
through the exchange along with speech bits 
in the normal way as described in the above 
mentioned Patent Specification and then 
5 arrives at the receive side of a data port. 
All bit 7 information in the incoming stream 
passes through the shift register 80 whilst 
the bit 8 code is monitored by the counter 85 
which is similar to the counter 65 on the 
10 transmit side. The counter 85 is reset by a . 
"1" and incremented by a "0". If the count 
ever reaches the value 7 as sensed bythe 
circuit 86 it indicates that the data has 
been transmitted from the far end and at 
15 this instant the shift register 80 will 

contain a complete data word. This data is 
loaded into the UART 70 and sent serially 
via a line driver and receive data line to 
the terminal device 53. 
20 The protocol within the exchange allows 

transmission of up to 1000 8 bit characters 
per sec. The system can therefore be used with 
devices of up to 9600 baud since this corresponds 
to 960 characters per sec after start and stop 
25 bits have been removed. The clock signal to the 
UART on the data interface will be set to match 
the speed of the terminal device connected to that 
particular port. This will allow devices of 
different speeds to communicate via the 
30 exchange. Slow devices will always be able 

to send to faster ones and faster devices will 
be able to send to slower ones if pauses are 
left between the characters to reduce. the mean 
data rate. 
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An advantage of the present approach is 
that a combined speech and signalling port can 
be provided very simply with no requirement 
for special operating software within the 
digital switching exchange. The telephone 
associated with the data port is used quite 
normally for making and receiving calls with 
speech only so that all facilities associated 
with the stored program exchange e.g. diversion, 
transfer, are available. If a call is made to 
another port which is equipped for data, voice 
communication can continue whilst data is being 
sent via the data channel. 

It will be appreciated that the present 
technique can be used with codes other than the 
one described above. Also it is possible to use 
a different number of the least significant 
bits of each speech sample to provide the 
data channel. In theory as many as 7 bits of an 
8 bit sample may be employed. 

The technique is described above in terms of 
a single exchange. It will, however, operate 
over many exchanges within a telephone network. 

Although the present invention has been 
described in terms of a telephone exchange it 
has much wider application and could be used 
over any digital transmission link which carries 
digitally encoded speech samples. 
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CLAIMS 



1. A method of transmitting data with 
digitally encoded speech samples in a digital 
transmission system in which one or more of the 
least significant bits of a speech sample is 
replaced by a bit or bits representative of 
data to be transmitted characterised in that 
at least two of the least significant bits 

are replaced, one of the replaced bits being 
a control bit and another a data bit. 

2. A method of transmitting data through 
a telephone exchange which is arranged to 
switch digitally encoded speech samples 
characterised in that at least two of the least 
significant bits of each sample are replaced 

so that one of the replaced bits is a control 
bit and another a data bit. 

3. A method as claimed in claim 1 or claim 2 
characterised in that the control bits are 
arranged to define a valid data code of binary 

1 followed by 0000000. 

4. A method as claimed in any preceding claim 
characterised by the step of separating the 
speech bits from the data bits at a receiving port 
so that the data bits can be transmitted to a 
data terminal and the speech bits decoded prior 

to transmission to a telephone instrument. 
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5. A digital transmission arrangement for 
transmitting digitally encoded speech samples 
between two or more terminals in which data is 
transmitted with the speech samples by- 
replacing one or more of the least significant 
bits of each speech sample by a bit or bits 
representative of the data characterised in that 
each terminal has associated therewith circuit 
means (68, 69) for replacing at least the two 
least significant bits of each speech sample 

so that one of the replaced bits is a control 
bit and another bit is a data bit. 

6. A digital transmission arrangement as 
claimed in claim 5 characterised in that each 
terminal includes a circuit (64, 65, 66) which, 
when data is not inserted in the speech samples, 
operates to prevent that bit of each speech 
sample corresponding to the control bit from 
being in a condition indicative of data being 
present. 

7. A digital transmission arrangement as 
claimed in claim 6 characterised in that said 
circuit includes a counter (65) which is 
arranged to be incremented when the least 
significant bit of each speech sample has 

a predetermined binary value and means (66) 
for sensing when the count of the counter (65) 
reaches a predetermined value. 
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8. A digital transmission arrangement as 
claimed in claim 6 or claim 7 characterised in 
that each terminal includes means (84, 85, tt6) 
for detecting bits representative of data in 
speech samples received by the terminal. 

9. An .interface circuit for a telephone 
exchange which is arranged to switch digitally 
encoded speech samples, said interface circuit 
being characterised in that it comprises a first 
input/ output terminal (60)' for connection to a 
telephone instrument, coding and decoding means 
(61) connected to said first input/output 
terminal for coding and decoding speech signals, 
said coding and decoding means (61) having an 
output (62) from which digitally encoded 
speech samples can be transmitted to a digital 
switching device of the telephone exchange and 
an input for receiving digitally encoded 
speech samples from the switching device, 

a second input/output terminal (70) for 
connection to a data terminal device, and bit 
insertion means (72, 68, 69) coupling the said 
second input/output terminal (70) to the output 
of the coding and decoding means (61) and 
arranged to replace at least the two least 
significant bits of a speech sample so that 
one bit is a control bit and another a data bit. 
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10. An interface circuit as claimed in claim 
9 characterised by including a circuit (64, 65, 66) 
which, when data is not inserted in the speech 
samples, operates to prevent that bit of each 
sample corresponding to the control bit from 
being in a condition indicative of data being 
present. 

11. An interface circuit as claimed in claim 
9 or claim 10 characterised by including means 
(84, 85, 86) for detecting bits representative 

of data in speech samples received from digital 
switching device and for directing the data 
bits to said second input/output terminal (70). 
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